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Burst-by-Burst Adaptive Decision Feedback
Equalized TCM, TTCM, and BICM for
H.263-Assisted Wireless Video Telephony
Soon Xin Ng, Jin Yee Chung, Peter Cherriman, and Lajos Hanzo
Abstract—Decision feedback equalizer–aided wide-band
burst-by-burst adaptive trellis-coded modulation, turbo
trellis-coded modulation (TTCM), and bit-interleaved-coded
modulation-assisted H.263-based video transceivers are proposed
and characterized in performance terms when communicating
over the COST 207 typical urban wide-band fading channel.
Speciﬁcally, four different modulation modes, namely 4QAM,
8PSK, 16QAM, and 64QAM are invoked and protected by the
above-mentioned coded modulation schemes. The TTCM assisted
scheme was found to provide the best video performance, although
at the cost of the highest complexity. A range of lower-complexity
arrangements will also be characterized. Finally, in order to con-
ﬁrm these ﬁndings in an important practical environment, we have
also investigated the adaptive TTCM scheme in the CDMA-based
universal mobile telecommunications systems terrestrial radio
access (UTRA) scenario and the good performance of adaptive
TTCM scheme recorded when communicating over the COST 207
channels was retained in the UTRA environment.
Index Terms—AdaptiveCDMA, adaptivequadrature amplitude
modulation (AQAM) , bit-interleaved-coded modulation (BICM),
coded modulation (CM), decision feedback equalizer (DFE),
H.263, joint decision (JD), peak signal-to-noise ratio (PSNR),
trellis-coded modulation (TCM), turbo trellis-coded modulation
(TTCM), video telephony, universal mobile telecommunications
system (UMTS) terrestrial radio access (UTRA).
I. INTRODUCTION
-ary coded modulation (CM) schemes such as
trellis-coded modulation (TCM) [1] and bit-interleaved-coded
modulation (BICM) [2], [3] constitute powerful and bandwidth
efﬁcient forward error correction schemes, which combine
the functions of coding and modulation. It was found in [2]
and [3] that BICM is superior to TCM when communicating
over narrowband Rayleigh fading channels, but inferior to
TCM in Gaussian channels. In 1993, power efﬁcient binary
turbo convolutional codes (TCCs) were introduced in [4],
which are capable of achieving a low bit-error rate at low
signal-to-noise ratios (SNR). However, TCCs typically operate
at a ﬁxed coding rate of 1/2 and they were originally designed
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for binary-phase-shift-keying (BPSK) modulation, hence, they
require doubling the bandwidth. In order to lend TCCs a higher
spectral efﬁciency, BICM using TCCs was ﬁrst proposed in
[5], where it was also referred to as turbo-coded modulation
(TuCM). As another design alternative, turbo trellis-coded
modulation (TTCM) was proposed in [6], which has a structure
similar to that of the family of TCCs, but employs TCM codes
as component codes. It was shown in [6] that TTCM performs
better than TCM and TuCM at a comparable complexity. Many
other bandwidth efﬁcient schemes using turbo codes, such
as multilevel coding employing turbo codes [7], have been
proposed in the literature [8], but here we focus our study on
the family of TCM, BICM, and TTCM schemes in the context
of a wireless video telephony system.
In general, ﬁxed-mode transceivers fail to adequately accom-
modate and counteract the time varying nature of the mobile
radio channel. Hence, their error distribution becomes bursty
and thiswould degradetheperformanceofmostchannelcoding
schemes, unless long-delay channel interleavers are invoked.
However, the disadvantage of long-delay interleavers is that
owing to their increased latency they impair “lip-synchro-
nization” between the voice and video signals. By contrast, in
burst-by-burst (BbB) adaptive quadrature amplitude (or phase
shift keying) modulation (AQAM) schemes [9]–[21] a higher
order modulation mode is employed, when the instantaneous
estimated channel quality is high for the sake of increasing the
numberofbitspersymbol(BPS)transmitted.Conversely,amore
robustbutlower-throughputmodulation modeisused,whenthe
instantaneouschannelqualityislow,inordertoimprovethemean
bit-error ratio (BER) performance. Uncoded AQAM schemes
[10]–[13] and channel-coded AQAM schemes [14]–[20] have
been lavishly investigated in the context of narrowband fading
channels. In particular, adaptive trellis-coded -ary PSK was
considered in [14] and coset codes were applied to adaptive
trellis-coded -aryQAMin[16].However,thesecontributions
were based on a number of ideal assumptions, such as perfect
channel estimation and zero modulation mode feedback delay.
Hence, in [17], adaptive TCM using more realistic outdated
fading estimates was investigated. Recently, the performance of
adaptive TCM based on realistic practical considerations such
as imperfect channel estimation, modem mode signalling errors
and modem mode feedback delay was evaluated in [18], where
the adaptive TCM scheme was found to be robust in most prac-
tical situations, when communicating over narrowband fading
channels. In an effort to increasing the so-called time-diversity
order of the TCM codes, adaptive BICM schemes have been
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proposed in [19], although their employment was still limited to
communications over narrowband fading channels.
On the other hand, for communications over wide-band
fading channels, a BbB adaptive transceiver employing sep-
arate channel coding and modulation schemes was proposed
in [22]. The main advantage of this wide-band BbB adaptive
scheme is that regardless of the prevailing channel conditions,
the transceiver achieves always the best possible source-signal
representation quality such as video, speech, or audio quality
by automatically adjusting the achievable bit rate and the
associated multimedia source-signal representation quality in
order to match the channel quality experienced. Speciﬁcally,
this wide-band BbB adaptive scheme employs the adaptive
video rate control and packetization algorithm of [23], which
generates exactly the required number of video bits for the
channel-quality-controlled BbB adaptive transceiver, de-
pending on the instantaneous modem-mode-dependent payload
of the current packet, as determined by the current modem
mode. Hence, a channel-quality-dependent variable-sized
video packet is transmitted in each time division multiple
access (TDMA) frame constituted by a ﬁxed number of AQAM
symbols and, hence, the best possible source-signal represen-
tation quality is achieved on a near-instantaneous basis under
given propagation conditions in order to cater for the effects
of path-loss, fast-fading, slow-fading, dispersion, co-channel
interference, etc. More explicitly, a half-rate Bose–Chaud-
huri–Hocquenghem (BCH) block code and a half-rate TCC
were employed and the modulation modes were adapted ac-
cording to the channel conditions. However, due to the ﬁxed
coding rate of the system the range of the effective video bit
rates was limited. Hence, in this contribution our objective is to
further develop the wireless video telephone system of [22] by
increasing its bandwidth efﬁciency up to a factor of two upon
rendering not only the modulation-mode selection, but also the
choice of the channel coding rate near instantaneously adaptive
with the advent of the aforementioned bandwidth efﬁcient CM
schemes. As a second objective, we extend this adaptive CM
philosophy to multiuser scenarios in the context of a UMTS
terrestrial radio access (UTRA) [24], [25] system.
The paper is organized as follows. In Section II the systems
architecture is outlined. In Section III, the performance of var-
ious ﬁxed-mode CM schemes is characterized, while in Sec-
tion IV the performance of adaptive CM schemes is evaluated.
InSectionVtheperformanceoftheadaptiveTTCMbasedvideo
systemisstudiedintheUTRACDMAenvironment.Finally,we
will conclude in Section VI.
II. SYSTEM OVERVIEW
The simpliﬁed block diagram of the BbB adaptive CM
scheme is shown in Fig. 1, where channel interleaving spanning
Fig. 1. Block diagram of the BbB adaptive CM scheme.
one transmission burst is used. The length of the CM codeword
is one transmission burst. We invoke four CM encoders for
our quadruple-mode adaptive CM scheme, each attaching one
parity bit to each information symbol generated by the video
encoder, yielding a channel coding rate of 1/2 in conjunction
with the modulation modes of 4QAM, a rate of 2/3 for 8PSK,
3/4 for 16QAM, and 5/6 for 64QAM. The complexity of the
CM schemes is compared in terms of the number of decoding
states and the number of decoding iterations. For a TCM or
BICM code of memory , the corresponding complexity is
proportional to the number of decoding states . Since
TTCM schemes invoke two component TCM codes, a TTCM
code employing iterations and using an -state component
code exhibits a complexity proportional to or .
Over wide-band fading channels, the employed minimum
mean squared error (MMSE)-based decision feedback equal-
izer (DFE) eliminates most of the channel-induced intersymbol
interference (ISI). Consequently, the mean-squared error at
the output of the DFE can be calculated and used as the
channel quality metric invoked for switching the modulation
modes. More explicitly, the residual signal deviation from the
error-free transmitted phasors at the DFEs output reﬂects the
instantaneous channel quality of the time varying wide-band
fading channel. Hence, given a certain instantaneous channel
quality, the most appropriate modulation mode can be chosen
according to this residual signal deviation from the error-free
transmitted phasors at the DFEs output. Speciﬁcally, the SNR
at the output of the DFE can be computed as [13] (1),
shown in the equation at the bottom of the page, where
and denote the DFEs feed-forward coefﬁcients and the
channel impulse response (CIR), respectively. The transmitted
signal represented by and denotes the noise spectral
density. Finally, the number of DFE feed-forward coefﬁcients
is denoted by . The equalizers output SNR in (1), is
then compared against a set of adaptive modem mode switching
Wanted Signal Power
Residual ISI Power Effective Noise Power
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Fig. 2. Packet loss ratio versus channel SNR for the four ﬁxed modem modes,
using the four joint coding/modulation schemes considered, namely BICM,
TCM3, TCM6, and TTCM when communicating over the COST 207 channel
[28].
thresholds , and subsequently the appropriate modulation
mode is selected [13].
In the adaptive transmission schemes, the outdated channel
quality estimates arriving after a feedback delay inevitably in-
ﬂict performance degradations, which can be mitigated using
powerfulchannelqualitypredictiontechniques[26],[27].How-
ever, in our proposed adaptive video system, we adopted the
practical approach of employing outdated, rather than perfect,
channelqualityestimates.Speciﬁcally,apracticalmodemmode
switching regime adapted to the speciﬁc requirements of wire-
less video telephony is employed, where a suitable modulation
modeischosenatthereceiveronaBbBbasisanditisthencom-
municated to the transmitter by superimposing the requested
modulation mode identiﬁer code onto the terminals reverse-di-
rection transmission burst. Hence, the actual channel condition
is outdated by one TDMA/TDD frame duration.
At the receiver, the DFEs symbol estimate is passed to the
channel decoder and the log-maximum domain branch metric is
computed for the sake of maximum-likelihood decoding at time
instant as
(2)
where is the th legitimate symbol of the -ary modu-
lation scheme and is the variance of the additive white
gaussian noise (AWGN). Note that the equalizer output is
near-Gaussian, since the channel has been equalized [13]. In
other words, the DFE has “converted” the dispersive Rayleigh
fading channels into an “AWGN-like” channel. Hence, the
TCM and TTCM codes that have been designed for AWGN
channels will outperform the BICM scheme, as we will demon-
strate in Fig. 2.
The following assumptions are stipulated. First, we assume
thattheequalizeriscapableofestimatingtheCIRperfectlywith
the aid of the equalizer training sequence hosted by the trans-
mission burstof Fig.3. Second,the CIR is time-invariantfor the
Fig. 3. Transmisssion burst structure of the FMA1 nonspread data as speciﬁed
in the FRAMES proposal [29].
TABLE I
OPERATIONAL-MODE SPECIFIC TRANSCEIVER PARAMETERS FOR TTCM
duration of a transmission burst, but varies from burst to burst
according to the Doppler frequency, which corresponds to as-
suming that the CIR is slowly varying.
A. System Parameters and Channel Model
For the sake of direct comparisons, we used the same H.263
video codec, as in [22]. Hence, we refer the interested readers
to [24] for a detailed description of the H.263 video codec. The
transmitted bit rate of all four modes of operation is shown in
Table I for the TTCM coding scheme. The associated bit rates
are similar for the other CM schemes. The slight difference is
causedbyusingdifferentnumbersofcodeterminationsymbols.
The unprotected bit rate before channel coding is also shown in
the table. The actual useful bit rate available for video encoding
is slightly lower, than the unprotected bit rate due to the useful
bit rate reduction required by the transmission of the strongly
protected packet acknowledgment information and packetiza-
tion overhead information. The effective video bit rate is also
shown in the table, which varies from 139 to 726 kb/s. We have
investigated the video system concerned using a wide range of366 IEEE TRANSACTIONS ON CIRCUITS AND SYSTEMS FOR VIDEO TECHNOLOGY, VOL. 16, NO.3, MARCH 2006
TABLE II
MODULATION AND CHANNEL PARAMETERS
video sequences having different resolutions. However for con-
ciseness we will only show results for the CIF resolution (352
288 pixels) “Salesman” sequence at 30 frames/s.
Table II shows the modulation and channel parameters
employed. Again, similar to [22], the COST 207 [28] channel
models, which are widely used in the community, were em-
ployed. Speciﬁcally, a 4-path Typical Urban COST 207 channel
[28] was used. The multipath channel model is characterized
by its discretized symbol-spaced CIR, where each path is
faded independently according to a Rayleigh distribution. The
nonspread data transmission burst structure FMA1 speciﬁed in
the FRAMES proposal [29] was used, which is shown in Fig. 2.
Nyquist signalling was employed and the remaining system
parameters are shown in Table III. A component TCM having a
code memory of was used for the TTCM scheme. The
number of iterations for TTCM was ﬁxed to and, hence,
the iterative scheme exhibited a similar decoding complexity
to that of the TCM having a code memory in terms of
the number of coding states. The ﬁxed-mode CM schemes that
we invoked in our BbB AQAM schemes are Ungerböcks TCM
[1], [30], Robertsons TTCM [6], [30], and Zehavis BICM [2],
[30]. Soft decision trellis decoding utilising the log-maximum
a posteriori algorithm [31] was invoked for decoding.
Note that the parameters of the DFE employed, which are the
same as that of [22], as well as that of the joint detection (JD)
receiver in Section V were adjusted such that they achieve their
best attainable performance in terms of removing the effect of
channel induced multipath interference as well as the multiuser
interference, respectively. Hence, opting for a more complex
DFE or JD design would not improve the overall achievable
performance. Furthermore, since the video quality expressed
in terms of the luminance peak SNR (PSNR) is a direct func-
tion of the systems effective throughput, we will use the PSNR
value as the ultimate evaluation metric of the systems perfor-
mance.Since thesame videosystem and channel modelare em-
ployed, the complexity difference between the various CM-as-
sistedvideoschemesisdirectlydependentonthedecodingcom-
plexity of the CM schemes. Hence, the complexity of the pro-
posedvideosystemisestimatedintermsofthenumberoftrellis
states of the CM decoders.
TABLE III
GENERIC SYSTEM FEATURES OF THE RECONFIGURABLE MULTI-MODE VIDEO
TRANSCEIVER,U SING THE NON-SPREAD DATA BURST MODE OF THE
FRAMES PROPOSAL [29] SHOWN IN FIG.3
III. EMPLOYING FIXED MODULATION MODES
Initial simulations of the videophone transceiver were per-
formed with the transceiver conﬁgured in one of the four ﬁxed
modulation modes of Table I. We commence by comparing the
performance of TTCM in conjunction with a code memory of
and using iterations, to that of noniterative TCM
along with a code memory of , since the associated com-
putational complexity is similar. We then also compare these
results to that of TCM using a code memory of and to
BICM employing a code memory . Again, one video
packet is transmitted in each TDMA frame and the receiver
checks, whether the received packet has any bit errors using
the associated cyclic redundancy check (CRC). If the received
packet has been corrupted, a negative acknowledgment ﬂag is
transmittedtothevideoencoderinordertopreventitfromusing
thepacketjusttransmittedforupdatingtheencodersreconstruc-
tion frame buffer. This allows the video encoders and decoders
reconstruction frame buffer to use the same contents for mo-
tion compensation. This acknowledgment message is strongly
protected using repetition codes and superimposed on the re-
verse link transmission. In these investigations a transmission
frame error resulted in a video packet error. We shall charac-
terize the relative frequency of these packet corruption events
by the packet loss ratio (PLR). The PLR of the CM schemes
is shown in Fig. 2. We emphasise again that the video packets
are either error-free or discarded. Hence, the PLR is a more
meaningful modem performance metric in this scenario, than
the BER.
From Fig. 2, it is found that the BICM scheme has the worst
PLR performance and the TCM6 scheme using a code memory
has a signiﬁcant PLR performance advantage over the
TCM3 scheme employing a code memory of . Further-
more, the TTCM scheme provides the best PLR performance,
requiring an approximately 2.5 dB lower channel SNR than theNG et al.: BURST-BY-BURST ADAPTIVE DECISION FEEDBACK 367
Fig. 4. PSNR (video quality) versus time for the four modulation modes,
under error-free channel conditions using the CIF resolution “Salesman” video
sequence at 30 frame/s. TTCM scheme using a code memory of M =3and
t =4iterations was employed.
BICM scheme. This is because turbo decoding of the TTCM
scheme is very effective in reducing the number of bit errors
to zero in all the received packets exhibiting a moderate or low
number of bit errors before channel decoding. By contrast, the
gravely error-infected received packets are simply dropped and
the corresponding video frame segment is replaced by the same
segment of the previous frame. The performance of BICM is
worse, than that of TCM due to the associated limited channel
interleaving depth [2], [3] of the BICM scheme in our slow-
fading wide-band channels.
Fig. 4 shows the error-free decoded video quality, mea-
sured in terms of the PSNR versus time for the CIF-resolution
“Salesman” sequence for each of the four ﬁxed modulation
modes using the TTCM scheme. The ﬁgure demonstrates that
the higher order modulation modes, which have a higher as-
sociated bit rate provide a better video quality. However, in an
error-impairedsituationahigherror-freePSNRdoesnotalways
guarantee achieving a better subjective video quality. In order
to reduce the detrimental effects of channel-induced errors on
the video quality, we refrain from decoding the error-infested
video packets and, hence, avoid error propagation through
the reconstructed video frame buffer [22], [23]. Instead, these
originally high-bitrateandhigh-quality buterror-infested video
packets are dropped and, hence, the reconstructed video frame
buffer will not be updated, until the next packet replenishing
the speciﬁc video frame area arrives. As a result, the associated
video performance degradation becomes fairly minor for PLR
values below 5% [22], which is signiﬁcantly lower than in case
of replenishing the corresponding video frame area with the
error-infested video packet.
IV. EMPLOYING ADAPTIVE MODULATION
The BbB AQAM mode switching mechanism is character-
ized by a set of switching thresholds, by the corresponding
random TTCM symbol-interleavers and the component codes,
TABLE IV
SWITCHING THRESHOLDS ACCORDING TO EQUATION (3) AT THE OUTPUT OF
THE EQUALIZER REQUIRED FOR EACH MODULATION MODE OF THE BbB
ADAPTIVE MODEM.T HE THRESHOLD TYPES ARE NORMAL (N), CONSERVATIVE
(C) AND AGGRESSIVE (A). M DENOTES THE CODE MEMORY OF THE ENCODER
as follows:
Modulation Mode
if
if
if
if
(3)
where , are the AQAM switching thresholds,
which were set according to the target PLR requirements, while
is the number of data symbols in a transmission burst
and represents the random TTCM symbol-interleaver size
expressed in terms of the number of bits, which is not used for
the TCM and BICM schemes.
The video encoder/decoder pair discards all corrupted video
packetsinanefforttoavoiderrorpropagationeffectsinthevideo
decoder. Therefore, in this contribution the AQAM switching
thresholds were chosen using an experimental procedure in
order to maintain the required target PLR, rather than the BER.
More speciﬁcally, we deﬁned a set of “normal” thresholds for
eachadaptiveCMschemedependingontheirﬁxedmodemmodes
performanceintermsofPLRversusaverageequalizerSNR.Ex-
plicitly,the“normal”thresholdwassettomaintainaPLRaround
3%.Wealsodeﬁneda“conservative”threshold,foraPLRaround
0.5%,andan“aggressive”threshold,foraPLRaround20%forthe
adaptive TTCM scheme. These modem mode switching thresh-
olds are listed in Table IV.
The probability density functin (pdf) of each of the modula-
tion modes versus channel SNR is shown in Fig. 5 for the BbB
adaptive TTCM scheme using the “normal” switching thresh-
olds. The graph shows that the 4QAM mode is the most prob-
able one at low channel SNRs, and the 64QAM mode is pre-
dominant at high channel SNRs. In addition, for example at 20
dB, the 4QAM mode is being used about 8% of the time, and
64QAM only 1% of the time, since most of the time the AQAM
modem is operating in its 8PSK or 16QAM mode with an asso-
ciated probability of 40% and 51%, respectively.
A. Performance of TTCM AQAM
In this section, we compare the performance of the four ﬁxed
modulation modes with that of the quadruple-mode TTCM
AQAM scheme using the “normal” switching thresholds of368 IEEE TRANSACTIONS ON CIRCUITS AND SYSTEMS FOR VIDEO TECHNOLOGY, VOL. 16, NO.3, MARCH 2006
Fig.7. ThroughputvideobitrateversuschannelSNRforthefourﬁxed-modes
and for the quadruple-mode TTCM AQAM scheme using the “normal”
thresholds of Table IV, employing a code memory of M =3 and t =4
iterations when communicating over the COST 207 channel of [28].
Table IV. The code memory is and the number of turbo
iterations is .
Speciﬁcally, in Fig. 6, we compare the PLR perfor-
mance of the four ﬁxed modulation modes with that of
the quadruple-mode TTCM AQAM arrangement using the
“normal” switching thresholds. The ﬁgure shows that the
performance at low channel SNRs is similar to that of the
ﬁxed TTCM 4QAM mode, while at high channel SNRs the
performance is similar to that of the ﬁxed 64QAM mode. At
medium SNR values the PLR performance is near-constant,
ranging from 1% to 5%. More explicitly, the TTCM AQAM
modem maintains this near-constant PLR, which is higher
than that of the ﬁxed 4QAM modem, while achieving a higher
throughput bit rate, than the 2 bit/symbol rate of 4QAM. Since
our BbB AQAM videophone systems video performance is
closely related to the PLR, the TTCM AQAM scheme provides
a near-constant video performance across a wide range of
channel SNRs. Additionally, the BbB TTCM AQAM modem
allows the throughput bit rate to increase, as the channel SNR
increases, thereby supporting an improved video quality, as the
channel SNR improves, which is explicitly shown in Fig. 7.
The effective throughput bit rate of the ﬁxed-mode modems
drops rapidly due to the increased PLR, which is a consequence
of discarding the “payload” of the corrupted video packets,
as the channel SNR reduces. The TTCM AQAM throughput
bit rate matches that achieved by the ﬁxed modem modes at
both low and high channel SNRs. At a channel SNR of 25 dB
the ﬁxed-mode 64QAM modem achieves an approximately
700 kbps throughput, while the TTCM AQAM modem trans-
mits at approximately 500 kbps. However, by referring to Fig. 6
it can be seen that the 700 kbps video throughput bit rate is
achieved by 64QAM at a concomitant PLR of slightly over 5%,
while the AQAM modem experiences a reduced PLR of 2%. As
mentioned earlier, the associated video performance degrada-
tion becomes noticeable at a PLR in excess of 5%. Hence, the
ﬁxed-mode 64QAM modem results in a subjectively inferior
video quality in comparison to the TTCM AQAM scheme at a
Fig. 8. Average PSNR versus channel SNR for the four ﬁxed TTCM modes
and for the quadruple-mode TTCM AQAM scheme, using the “normal”
thresholds of Table IV, and the CIF “Salesman” video sequence at 30 frame/s.
A code memory of M =3and t =4iterations invoked when communicating
over the COST 207 channel [28].
channel SNR of 25 dB. The video quality expressed in terms
of the average PSNR is closely related to the effective video
throughput bit rate. Hence, the trends observed in terms of
PSNR in Fig. 8 are similar to those seen in Fig. 7. Note that
the channel-quality related AQAM mode feedback is outdated
by one TDMA transmission burst of 4.615 ms for the sake of
providing realistic results. As shown in [22], in the idealistic
zero-delay-feedback AQAM scheme, the resultant PSNR curve
follows the envelope of the ﬁxed-mode schemes. However,
a suboptimum modulation modes may be chosen due to the
one-frame-feedback delay, which may inﬂict an increased
video packet loss. Since the effective throughput is quantiﬁed
in terms of the average bit rate provided by all the successful
transmitted video packets but excluding the erroneous and,
hence, dropped packets, the throughput and, hence, the PSNR
of the realistic AQAM scheme using outdated channel quality
estimates is lower than that of the ideal AQAM scheme. Fur-
thermore, the AQAM systems effective throughput is slightly
reduced by allocating some of the useful payload to the AQAM
mode signalling information, which is protected by strong
repetition coding. Therefore, the throughput or PSNR curve
of the AQAM scheme plotted in Figs. 7 or 8 does not strictly
follow the throughput or PSNR envelope of the ﬁxed-mode
schemes. However, at lower vehicular speeds the switching
latency is less crucial and the practical one-frame delay AQAM
can achieve a performance that is closer to that of the ideal
zero-delay AQAM.
Fig. 8 portrays that the AQAM modems video performance
degrades gracefully, as the channel SNR degrades, while
the ﬁxed-mode modems’ video performance degrades more
rapidly, when the channel SNR becomes insufﬁcient for the
reliable operation of the speciﬁc modem mode concerned. As
we have shown in Fig. 4, the higher order modulation modes,
which have a higher associated bit rate provide a higher PSNR
in an error-free scenario. However, in the presence of channel
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perceptual video quality degradations imposed by transmission
errors are more dramatic when higher order modulation modes
are employed. Therefore, annoying video artefacts and a low
subjective video perception will be observed when employing
higher order modulation modes such as 64QAM during in-
stances of low channel quality. However, these subjective video
quality degradations and the associated artefacts are eliminated
by the advocated AQAM/TTCM regime, because it operates
as a “safety-net” mechanism, which drops the instantaneous
AQAM/TTCM throughput in an effort to avoid the dramatic
PSNR degradations of the ﬁxed modes during instances of low
channel quality, instead of dropping the entire received packet.
B. Performance of AQAM Using TTCM, TCC, TCM and BICM
Let us now compare the video performance of the TTCM-
aided AQAM video system to that of the TCC-assisted AQAM
video system of [22]. The lowest information throughput of the
TTCM AQAM scheme was 1 BPS in the 4QAM mode here,
whilethatoftheTCCAQAMschemeof[22]was0.5BPSinthe
BPSK mode. Furthermore, the highest information throughput
of the TTCM AQAM scheme was 5 BPS in the 64QAM mode
here, while that of the TCC AQAM scheme of [22] was 3 BPS
onthe64QAMmode.Hence,wecanseefromFig.7thatTTCM
has a video bit rate of about 100 kb/s at dB and
726 kb/s at dB. By contrast, the TCC in [22, Fig.
12] has only a video throughput of 50 kb/s at dB
and 409 kb/s at dB. Hence, we may conclude that
at the symbol-rate considered the TTCM scheme has substan-
tially increased the achievable effective video bit rate of the
TCC scheme having an identical symbol-rate and characterized
in [22]. This increased effective video bit rate allows the TTCM
schemetotransmitCIFvideoframeswhicharefourtimeslarger
than the QCIF video frames transmitted by the TCC scheme of
[22].
Let us now compare the video performance of the
TTCM-aided AQAM video system to that of the TCM-and
BICM-assisted AQAM video system. As it was shown in Fig. 3,
the TTCM scheme achieved the best PLR performance in a
ﬁxedmodulation scenario.Therefore,according toTableIV,the
AQAM switching thresholds of the TTCM scheme can then be
set lower, while still achieving the required PLR performance.
The lowerthresholds imply thathigher order modulation modes
can be used at lower channel SNRs and, hence, a higher video
transmission bit rate is achieved with respect to the other joint
coding and modulation schemes. The PSNR video quality is
closely related to the video bit rate. As shown in Fig. 9, the
TTCM-based AQAM modem exhibits the highest PSNR video
quality followed by the TCM6 scheme having a code memory
of , the TCM3 scheme having a code memory of
, and ﬁnally, the BICM scheme having a code memory
of .
As seen in Fig. 9, the PSNR video performance difference
of the BICM scheme compared to that of the TTCM scheme is
only about 2 dB, since the video quality improvement of TTCM
is limited by the moderate turbo interleaver length of our BbB
AQAM scheme. Therefore, the low complexity TCM3 scheme
provides the best compromise in terms of the PSNR video per-
formance and decoding complexity, since the BICM and TCM3
Fig. 9. Average PSNR versus channel SNR for the quadruple-mode AQAM
modems using the four joint coding/modulation schemes considered, namely
BICM, TCM3, TCM6, TTCM when communicating over the COST 207
channel of [28].
schemes are of similar complexity, but the TCM3 scheme ex-
hibits a better video performance.
C. Effect of Various AQAM Thresholds
In the previous sections, we have studied the performance
of AQAM using the switching thresholds of the “normal”
scenario. By contrast, in this section we will study the perfor-
mance of the TTCM-aided AQAM scheme using the switching
thresholds of the “conservative,”“ normal,” and ”aggressive”
scenarios, which were characterized earlier in Table IV. Again,
the “conservative”, “normal” and “aggressive” thresholds sets
result in a target PLR of 0.5%, 3%, and 20%, respectively.
The three sets of thresholds allowed us to demonstrate, how
the performance of the AQAM modem was affected, when the
modem used the radio channel more “aggressively” or more
“conservatively.”Thistranslatedinamoreandlessfrequentem-
ploymentofthehigherthroughput,butmoreerror-proneAQAM
modes, respectively. Explicitly, the more aggressive switching
thresholds provide a higher effective throughput at a cost of a
higherPLR. ThePSNR versuschannelSNRperformance ofthe
threeAQAMmodemswitchingthresholdsisdepictedinFig.10,
where it is shown that the average PSNR of the AQAM modem
employing “aggressive” and “normal” switching thresholds is
about 4 and 2 dB better than that employing “conservative”
switching thresholds, respectively, for channel SNRs ranging
from12to30dB.However,inperceptualvideoqualitytermsthe
best compromise was associated with the “normal” switching
threshold set. This was, because the excessive PLR of the “ag-
gressive” set inﬂicted noticeable channel-induced video degra-
dations, despite the favorable video quality of the unimpaired
high-throughput video packets.
V. TTCM AQAM IN CDMA SYSTEM
We have demonstrated that the adaptive video system aided
by TTCM performs better than that aided by TCC [22], TCM,370 IEEE TRANSACTIONS ON CIRCUITS AND SYSTEMS FOR VIDEO TECHNOLOGY, VOL. 16, NO.3, MARCH 2006
Fig. 10. Average PSNR video quality versus channel SNR for the
quadruple-mode TTCM AQAM scheme using the three different sets of
switching thresholds from Table IV. TTCM scheme using a code memory of
M =3and t =4iterations was used when communicating over the COST
207 channel of [28].
and BICM in a single user scenario. We will now study the per-
formance of the most promising TTCM AQAM scheme in the
context of direct sequence CDMA (DS-CDMA), when commu-
nicating over the UTRA wide-band vehicular Rayleigh fading
channels [25] and supporting multiple users.1
In order to mitigate the effects of multiple access interfer-
ence (MAI) and ISI, while at the same time improving the
systems performance by beneﬁting from the multipath diversity
effects of the channels, we employ the MMSE-based block
DFE (MMSE-BDFE) for JD [32] in our system. The multiuser
JD-MMSE-BDFE receivers are derivatives of the single-user
MMSE-DFE [9], [32], where the MAI is equalized as if it was
another source of ISI. The interested readers are referred to [9],
[32] for a detailed description of the JD-MMSE-BDFE scheme.
In joint detection systems the signal-to-interference plus
noise ratio (SINR) of each user recorded at the output of the
JD-MMSE-BDFE can be calculated by using the channel
estimates and the spreading sequences of all the users. By as-
suming that the transmitted data symbols and the noise samples
are uncorrelated, the expression used for calculating the SINR
of the th symbol transmitted by the th user was given by
Klein et al. [33] as
Wanted Signal Power
Res. MAI and ISI Power Eff. Noise Power
for (4)
where SINR is the ratio of the wanted signal power to the
residual MAI and ISI power plus the effective noise power. The
number of users in the system is and each user transmits
symbols per transmission burst. The matrix is a diagonal ma-
trix that is obtained with the aid of the Cholesky decomposition
[34] of the matrix used for linear MMSE equalization of the
1The signiﬁcance of this research is that although independent adaptive
coding and modulation was standardised for employment in the 3G High
Speed Data Packet Access mode, this was only proposed for high-latency data
transmission. By contrast, here we employ joint adaptive CM in a low-latency,
real-time video context.
TABLE V
MODULATION AND CHANNEL PARAMETERS FOR CDMA SYSTEM
Fig.11. ModiﬁedUTRAburst1[24]withaspreadingfactorof8.Theoriginal
UTRA burst has 244 data symbols.
CDMA system [32], [33]. The notation represents the
element in the th row and th column of the matrix and the
value is the amplitude of the th symbol. The AQAM mode
switching mechanism used for the JD-MMSE-BDFE of user
is the same as that of (3), where of user was used as the
modulation switching metric, which can be computed from
(5)
Again, the log-domain branch metric is computed for the CM
trellis decoding scheme using the MMSE-BDFEs symbol esti-
mate by invoking (2).
The UTRA channel model and system parameters of the
AQAM CDMA scheme are outlined as follows. Table V
shows the modulation and channel parameters employed. The
multipath channel model is characterized by its discretized
chip-spaced UTRA vehicular channel A [25]. The transmission
burst structure of the modiﬁed UTRA Burst 1 [24] using a
spreading factor of eight is shown in Fig. 11. The number of
data symbols per JD block is 20, Hence, the original UTRA
Burst 1 was modiﬁed to host a burst of 240 data symbols, which
is a multiple of 20.
The remaining system parameters are shown in Table VI,
where there are 15 time slots in one UTRA frame and we as-
sign one slot for one group of CDMA users. More speciﬁcally,
each CDMA user group employed a similar system conﬁgu-
ration, but communicated with the base station employing an-
other one of the 15 different time slots. In general, the total
number of users supportable by the uplink CDMA system can
be increased by using a higher spreading factor at the cost of
a reduced throughput, since the systems chip rate was ﬁxed atNG et al.: BURST-BY-BURST ADAPTIVE DECISION FEEDBACK 371
TABLE VI
GENERIC SYSTEM FEATURES OF THE RECONFIGURABLE MULTI-MODE VIDEO
TRANSCEIVER,U SING THE SPREAD DATA BURST 1 OF UTRA [24],
[25] SHOWN IN FIG.1 1
3.84 10 chip/s, as shown in Table V. Another option for in-
creasing the number of users supported is by assigning more
uplinktimeslotsfornewgroupsofusers.Inourstudy,weinves-
tigate the proposed system using one time slot only. Hence, the
datasymbolrateperslotperuseris24kBdforaspreadingfactor
of eight. Finally, Table VII shows the operational-mode spe-
ciﬁc video transceiver parameters for the TTCM AQAM video
system, where the effectivevideo bit rate of each user is ranging
from 19.8 to 113.8 kb/s. Since the video bit rate is relatively low
asaconsequenceofCDMAspreading,wetransmitted176 144
pixel QCIF resolution video sequences at 30 frames/s based on
the H.263 video codec [24].
A. Performance of TTCM AQAM in CDMA System
ThePLRandvideobitrateperformanceoftheTTCMAQAM
CDMA scheme designed for a target PLR of 5% and for sup-
porting and 4 users is shown in Fig. 12. The PLR was
below the target value of 5% and the video bit rate improved,
as the channel SNR increased. Since we employed switching
thresholds which are constant over the SNR range, in the re-
gion of dB the PLR followed the trend of 4QAM.
Similarly, for SNRs between 17 and 20 dB the PLR-trend of
16QAM was predominantly obeyed. In both of these SNR re-
gions a signiﬁcantly lower PLR was achieved than the target
value. We note, however that it is possible to increase the PLR
to the value of the target PLR, in this SNR region for the sake of
attainingextrathroughputgainsbyemployingasetofswitching
thresholds, where the thresholds are varied as a function of the
SNR [35], but this design option was set aside for further re-
search.
TABLE VII
OPERATIONAL-MODE SPECIFIC TRANSCEIVER PARAMETERS FOR
TTCM IN CDMA SYSTEM
Fig. 12. PLR and video bit rate versus channel SNR for the four ﬁxed TTCM
modes and for the quadruple-mode TTCM AQAM CDMA scheme supporting
two and four users transmitting the QCIF video sequence at 30 frame/s, when
communicating over the UTRA vehicular channel A [25].
From Fig. 12, we also notice that the performance difference
between the 2 and 4 user scenarios is only marginal with
the advent of the powerful JD-MMSE-BDFE scheme. Speciﬁ-
cally, there was only about one decibel SNR penalty, when the
number of users increased from two to four for the 4QAM and
64QAM modes at both low and high SNRs, respectively. The
PLR of the system supporting users was still below the
target PLR, when the switching thresholds derived for
userswereemployed.Intermsofthevideobitrateperformance,
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supportedisincreasedfrom 2to4users.Notethatthedelay
spread of the chip-spaced UTRA vehicular channel A [25] is
2.51 s correspondingto chip duration for the
3.84 MBd Baud rate of our system, as seen in Table V. Hence,
the delay spread is longer than the spreading code length
chips usedinoursystemand,therefore,theresultantISIinthe
systemissigniﬁcantlyhigher,thanthatofthesystememploying
a higher spreading factor, such as chips. These ﬁnd-
ings illustrated the efﬁciency of the JD-MMSE-BDFE scheme
in combating the high ISI and MAI of the system. More im-
portantly, the employment of the JD-MMSE-BDFE scheme in
our system allowed us to generalize our results recorded for the
users scenario to that of a higher number of users, since
the performance penalty associated with supporting more users
was found marginal.
Let us also investigate the effect of mode signalling delay
on the performance of the TTCM AQAM CDMA scheme
in Fig. 12. The performance of the ideal scheme, where the
channel quality estimation is perfect without any signalling
delay is compared to that of the proposed practical scheme,
where the channel quality estimation is imperfect and outdated
by the delay of one frame duration of 10 s. For a target PLR
of 5%, the ideal scheme exhibited a higher video bit rate than
the practical scheme. More speciﬁcally, at a target PLR of 5%,
about 2.5 dB SNR gain is achieved by the ideal scheme in
the SNR region spanning from 8 to 27 dB. A channel quality
signalling delay of one frame duration certainly represents the
worst case scenario. In general, the shorter the signalling delay
the better the performance of the adaptive system. Hence, the
performance of the zero-delay and one-frame delay schemes
represent the lower-bound and upper-bound performance, re-
spectively, for practical adaptive systems, although employing
the channel-quality prediction schemes of [26] and [27] would
allowustoapproximatetheperfectchannelestimationscenario.
Let us now evaluate the PSNR performance of the proposed
practical TTCM AQAM CDMA scheme. For maintaining a
target PLR of 5% in conjunction with an adaptive mode sig-
nalling delay of one UTRA frame length of 10 ms, the average
PSNR versus channel SNR performance of the quadruple-mode
TTCM AQAM CDMA scheme is shown in Fig. 13 together
with that of the four ﬁxed TTCM modes. As shown in Fig. 13,
the video performance of the TTCM AQAM CDMA scheme
supporting users degrades gracefully from the average
PSNR of 41.5 to 34.2 dB, as the channel SNR degrades from 30
to 5 dB. Hence, an attractive subjective video performance can
be obtained in the UTRA environment. Again, the PSNR per-
formance difference between the and 4 scenario is only
marginal with the advent of the powerful JD-MMSE-BDFE
scheme invoked [32].
VI. CONCLUSIONS
In this contribution, various BbB AQAM TCM, TTCM and
BICM based video transceivers have been studied. The near-in-
stantaneously adaptive transceiver is capable of operating
in four different modulation modes, namely 4QAM, 8PSK,
16QAM, and 64QAM.
Fig. 13. Average PSNR versus channel SNR for the four ﬁxed TTCM modes
and for the quadruple-mode TTCM AQAM CDMA sheme supporting two
and four users transmitting the QCIF video sequence at 30 frame/s, when
communicating over the UTRA vehicular channel A [25].
The advantage of using CM schemes in our near-instan-
taneously adaptive transceivers is that when invoking higher
order modulation modes in case of encountering a higher
channel quality, the coding rate approaches unity. This allows
us to maintain as high a throughput as possible. We found that
the TTCM scheme provided the best overall video performance
due to its superior PLR performance. However, the lower com-
plexity TCM3 assisted scheme provides the best compromise in
terms of the PSNR performance and complexity in comparison
to the TTCM, TCM6 and BICM assisted schemes.
The BbB AQAM modem guaranteed the same video per-
formance as the lowest and highest order ﬁxed-mode modula-
tion schemes at extremely low and high channel SNRs with a
minimal latency. Furthermore, in between these extreme SNRs
the effective video bit rate smoothly increased, as the channel
SNR increased, whilst maintaining a near-constant PLR. By
controlling the AQAM switching thresholds, a near-constant
PLR can be maintained. We have also compared the perfor-
mance of the proposed TTCM AQAM scheme to that of the
TCC AQAM arrangement characterized in [22] under similar
conditions and the TTCM scheme was found to be more advan-
tageous than the TCC scheme of [22] in the context of the adap-
tive H.263 video system. The best TTCM AQAM arrangement
was also studied in the context of a DS-CDMA system by util-
ising a JD-MMSE-BDFE scheme and promising results were
obtained when communicating in the UTRA environment. It
was also apparent from this study that, as long as the DFE or the
JD-MMSE-BDFE scheme is capable of transforming the wide-
band Rayleigh fading channels error statistics into “AWGN-
like” error statistics, the performance trends of the CM schemes
observed in AWGN channels will be preserved in the wide-
bandRayleighfadingchannels.Speciﬁcally,theTTCMassisted
scheme, which is the best performer when communicating over
AWGN channels, is also the best performer when communi-
catingoverthewide-bandRayleighfadingchannels,whencom-
paredtotheschemesassistedbyTCC,TCM,andBICM.Hence,
it is shown that by adapting the video rate, channel coding rateNG et al.: BURST-BY-BURST ADAPTIVE DECISION FEEDBACK 373
and the modulation mode together according to the channel
quality, the best possible source-signal representation quality
is achieved efﬁciently in terms of bandwidth and power, on a
near-instantaneous basis.
Our future research is focused on employing a similar BbB
AQAMphilosophyinthecontextofCDMAsystemsinconjunc-
tion with low density parity check CM and the MPEG4 video
codec.
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